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@ The quantizing error or noise reducer for an 
audio signal feeds a quantizing error back to tfie 
input side of a quantizer (11) through a noise fitter 
(13), wherein the filter coefficients are set on the 
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basis of information relating to the equi-loudness 
curve, thereby making it possible to reduce tfie 
noise in the hearing sense. 
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BACKGROUND OF THE INVENTION 

Field of the Invention 

This invention relates to a quantizing error re- 5 
ducer for an audio signal, which is constructed to 
reduce a quantizing error generated in quantization 
of an audio signal. 

Description of the Prior Art io 

At present, as digital audio equipments for han- 
dling audio signals in a digital form, there exist, 
e.g.. players for so called compact discs (CD) 
and or so called digital audio tape recorders is 
(DATs), etc. In these digital audio equipments, var- 
ious unified standard requirements are prescribed. 
For CKample, in the case of the bit length of digital 
aud'O Signals handled in these equipments, it is 
prescntxMj from the above unified standard require- 20 
ments that surh aurfio signals have a bit length of 
16 bits Further, as the digital audio signals in 
these digital audio equipments, there are used digi- 
tal audio Signals obtained by encoding an analog 
audio signals (sound waveform signals) by using a 25 
simple linear quantization like, e.g., so called PCM 
(linear pulse coding). 

Meanwhile, m recent years, in digital audio 
equipments as descrit>ed above, it is required from 
the atwDve-mentioned unified standard requirements 30 
that there is provided a reproduced sound having a 
q uarnti ty h ig her ; i m vie w^tef^ssern se*^©f ^ heari rtgWhan^^*^ ' 
that of a reproduced sound actually obtained. In 
order that such a reproduced sound more excellent 
in view of hearing sense is provided, a scheme is 35 
conceivable to allow digital audio signals handled 
in these digital audio equipments to be signals in 
which noise components included in the digital 
audio signals themselves are reduced. Reproduced 
sounds obtained from digital audio signals in which 40 
their noise components are reduced in this way 
have less noise. 

As the processing for reducing the noise com- 
ponent of the digital audio signal, there is known, 
e.g.. a processing system to reduce a quantizing 45 
error by so called an error feedback to feed a 
quantizing error (quantizing noise or quantizing dis- 
tortion) generated by a quantizer in quantizing an 
audio signal back to the input side of the quantizer 
through a noise filter. 50 

Here, the quantizing distortion in the linear 
quantization like the above-described PCM coding 
has a frequency characteristic flat over the entire 
frequency band of an audio signal. However, since 
the ear of the human being has a difference in the 55 
hearing sensitivity depending upon a frequency of 
sound, it cannot be said that the quantizing error 
reducing processing by the error feedback is nec- 



essarily effective in view of hearing sense. 
SUMMARY & OBJECTS OF THE INVENTION 

This invention has been proposed with the ac- 
tual circumstances as described in view, and its 
object is to provide a quantizing error reducer for 
an audio signal, which is capable of reducing a 
quantizing error (quantizing noise) effectively from 
a viewpoint of hearing sense. 

A quantizing error reducer according to this 
invention has been proposed in order to attain the 
above-described object. In this quantizing error re- 
ducer, a quantizing error generated in a quantizer 
is fed back to the input side of the quantizer 
through a noise filter. The filter coefficient of the 
noise filter is set on the basis of information relat- 
ing to an equi-loudness curve corresponding to the 
hearing sense characteristic of the human being. 

In accordance with this invention, by drawing 
attention to the fact that the equi-loudness curve is 
in correspondence with the hearing sense char- 
acteristic of the human being, an approach is em- 
ployed to feed a quantizing error back to the input 
side of the quantizer through the noise filter of 
which coefficient is set on the basis of information 
relating to the equi-loudness curve, thereby making 
it possible to reduce a quantizing error in a fre- 
quency band of a sound easy to be heard. Accord- 
ingly, it is possible to reduce noises in the hearing 
sense thus to improve the dynamic range in the 
heariTig'^ense- ■ ' ■ - ■ 

BRIEF DESCRIPTION OF THE INVENTION 

FIG. 1 is a block diagram showing the outline of 
the configuration of a quantizing error reducer 
for an audio signal of a first embodiment accord- 
ing to this invention, 

FIG. 2 is a characteristic diagram showing an 
equi-loundness curve, 

FIG. 3 is a characteristic diagram showing a 
filter characteristic, 

FIG. 4 is a characteristic diagram showing a 
noise frequency characteristic when an actual 
audio signal is passed through the quantizing 
error reducer of the emboidment, 
FIG. 5 is a block diagram showing the circuit 
configuration of a second embodiment accord- 
ing to this invention, 

FIG. 6 is a block diagram showing the circuit 
configuration of a third embodiment according to 
this invention. 

FIG. 7 is a frequency characteristic diagram for 
explaining the masking effect, 
FIG. 8 is a characteristic diagram showing a 
bark spectrum, 

FIG. 9 is a frequency characteristic diagram for 
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explaining a masking threshold, 

FIGS. 10 to 13 are characteristic diagrams 

showing filter characteristics, respectively, 

FIG. 14 is a block diagram showing the actual 

example where the quantizing error reducer of 

this embodiment is applied to an 

encoder/decoder system for a compact disc, 

FIG. 15 is a block diagram showing the actual 

example where the quantizing error reducer of 

this embodiment is applied to a 10 bit system, 

and 

FIG. 16 is a block diagram showing the actual 
example where the quantizing error reducer of 
this embodiment is applied to a D/A conversion 
system for carrying out oversampling. 

DESCRIPTION OF THE PREFERRED EMBODI- 
MENTS 

A first emtxDdiment to which this invention is 
applied will now be described with reference to the 
attached drawings. 

Initially referring to FIG. 1 , there is shown, in a 
block form, the outline of the configuration of a 
quantizing error reducer for an audio signal of the 
first emboidment. 

In the quantizing error reducer of the embodi- 
ment shown in FIG. 1, a quantizing error generated 
in a quantizer 11 is fed back to the input side of 
the quantizer 11 through a noise filter 13. The filter 
coefficient of the noise filter 13 is set on the basis 
of information relating to so called an equi-loud- 
ness curve RC as shown in FIG. 2 corresponding 
to the hearing sense characteristic of the human 
being. Here, a digital audio signal obtained by 
sampling at an arbitrary sampling frequency is de- 
livered to the input terminal 1 of FIG. 1. The digital 
audio signal is re-quantized at the quantizer 11, 
and is outputted from the output terminal 2. 

Namely, in the quantizing error reducer of this 
embodiment, by an adder 12 for subtracting an 
input to the quantizer 1 1 from an output from the 
quantizer 11 to thereby provide a quantizing error 
generated in quantization at the quantizer 11, a 
noise filter 13 for applying a filtering processing to 
an output from the adder 12 to output it, in which a 
filter characteristic is set by the filter coefficient 
which will be described later, and an adder 10 for 
adding an output from the noise filter 1 3 to an input 
to the quantizer 11, so called an error feedback 
circuit is constituted. By this error feedback circuit, 
the quantizing error reducing effect (so called noise 
shaping processing) is carried out. Further, the 
quantizing error reducer of this emtxiidment in- 
cludes an equi-loudness curve generation circuit 15 
for generating data of an equi-loudness curve RC 
of FIG. 2 corresponding to the hearing sense char- 
acteristic of the human being, and a filter coeffi- 



<EP 04661 90A2_I_> 



cient calculation circuit 14 for calculating the filter 
coefficient of the noise fitter 13 on the basis of an 
output from the equi-loudness curve generation cir- 
cuit 15. 

5 , Here, the equi-loudness curve RC is a curve 

corresponding to the hearing sense characteristic 
of the human being. This curve RC is obtained by 
connecting, by curve segments, sound pressures 
of a sound at respective frequencies which can be 

10 heard at the same loudness as that of a pure 
sound of, e.g., 1 KHz. and is also called an equi- 
sensitivity curve of loudness. In the equi-loudness 
curve RC, as shown in FIG. 2, the hearing ability of 
the human being is sharp in the vicinity of 4 KHz. 

15 Accordingly, even if the sound pressure is lower by 
8 to 10 dB than that at 1 KHz, sound can be heard 
substantially at the same loudness as that at 1 
KHz. Conversely, e.g., at 10 KHz, sound is difficult 
to be heard to an extent of 20 dB than that in the 

20 vicinity of 4 KHz. 

Information (information of an allowable noise 
spectrum) relating to the equi-loudness curve RC 
(or its approximate curve) is outputted from the 
equi-loudness curve generation circuit 15, and is 

25 then sent to the filter coefficient calculation circuit 
14. Accordingly, at the filter coefficient calculation 
circuit 14, a filter coefficient is calculated on the 
basis of the information relating to the equi-loud- 
ness curve RC. The filter coefficient thus calculated 

30 is further sent to the noise filter 13. In this way, by 
carrying out a noise shaping of an audio signal by 
the error feedback circuit using the noise filter 13 
having a filter characteristic based on the informa- 
tion relating to the equi-loudness curve RC, the 

35 dynamic range in the hearing sense can be im- 
proved. Namely, by carrying out a noise shaping 
using an allowable noise spectrum (allowable noise 
level) obtained by taking the equi-loudness curve 
RC into account, noise shaping more effective in 

40 view of the hearing sense is conducted, thus mak- 
ing it possible to improve the dynamic range in the 
hearing sense of a reproduced sound. 

Further, in this embodiment, in determination of 
the filter characteristic of the noise filter 13, the so 

45 called masking effect is taken into consideration. 
Here, the masking effect is the phenomenon that a 
signal is masked by another signal by the char- 
acteristic In the hearing sense of the human being, 
so sound cannot be heard. As this masking effect, 

50 there are the masking effect with respect to a 
signal on the time base, and the masking effect 
with respect to a signal on the frequency base (or 
the same time masking, the temporal masking). 
Even if there is a noise in the portion subject to 

55 masking, that noise cannot be heard by the mask- 
ing effect. For this reason, when an approach is 
employed to carry out a quantizing error reducing 
processing in which the masking effect is taken 

3 



5 



EP 0 466 190 A2 



6 



into consideration, the dynamic range in the hear- 
ing sense can be improved. In order to determine a 
filter characteristic in which such a masking effect 
is taken into consideration, a filter coefficient in 
which, e.g., the masking effect in the direction of 
the frequency base is taken into consideration is 
set in advance at the filter coefficient calculation 
circuit 14 of this embodiment. For example, in 
order to cope with an ordinary audio sound includ- 
ing many medium and low frequency band compo- 
nents, a fixed filter coefficient in which the masking 
effect in the low frequency band is taken into 
consideration is set. Alternatively, in order to have 
an ability of coping with the masking effect cor- 
responding to a spectrum of an input audio signal, 
an approach may be employed to generate an 
adaptive filter coefficient corresponding to the 
spectrum. 

Thus, the filter coefficient from the filter coeffi- 
cient calculation circuit 14 is provided under the 
state where the equi-loudness curve RC and the 
masking effect are taken into consideration. Ac- 
cordingly, the filter characteristic of the noise filter 
13 is set on the basis of the fixed or adaptive filter 
coefficient in which the masking effect is taken Into 
consideration and the filter coefficient relating to 
the equi-loudness curve RC. 

Namely, the noise filter 13 at this time serves 
as a filter having a filter characteristic as indicated 
by the curve MR obtained from the masking effect 
and the equi-loudness curve as shown in FIG. 3. 
By allowing the noise filter 13 to have the filter 
characteristic indicated by the curve MR of FIG. 3, 
a quantizing error spectrum delivered to the noise 
filter 13 is changed in correspondence with the 
curve MR. By adding an output from the noise filter 
13 to an input audio signal, the quantizing error at 
the quantizer 11 is reduced (subjected to noise 
shaping). Here, in the curve MR of FIG. 3, when 
the equi-loudness curve RC of FIG. 2 is taken into 
consideration, it is conceivable to increase the re- 
sponse in the frequency band less than 4 KHz (i.e., 
an approach may be employed to increase allowa- 
ble noise), but the filter characteristic in the fre- 
quency band less than 4 KHz is caused to be flat 
in a second embodiment which will be described 
later. The reason why such a scheme is employed 
Is as follows. Namely, since the equi-loudness 
curve RC varies steeply in the frequency band less 
than 4 KHz although the bandwidth is not broad. If 
a noise filter 13 caused to be in correspondence 
with the equi-loudness curve RC in the frequency 
band less than 4 KHz is prepared, the degree of 
the filter would is increased. If the degree of the 
filter is increased as stated above, the configuration 
becomes complicated and becomes large in scale. 
However, since the effect corresponding to the 
scale of the filter is not obtained at this time, the 
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fitter characteristic in the frequency band less than 
4 KHz is caused to be flat as described above in 
the second embodiment which will be described 
below. Namely. FIG. 5 shows the second embodi- 
5 ment of this invention wherein the same reference 
numerals are respectively attached to blocks cor- 
responding to those of FIG. 1, and their detailed 
explanation will be omitted. In FIG. 5, there is 
further provided a low frequency band correction 

10 control signal generation circuit 16 wherein a low 
frequency band correction control signal generated 
in this circuit is delivered to the filter coefficient 
calculation circuit 14. Thus, the filter characteristic 
flat in the low frequency band as indicated by the 

75 above-described curve MR of FIG. 3 is realized. 
Further, this low frequency band correction control 
signal is assumed to be formed in consideration of 
the masking effect. Generally, in the medium and 
high frequency bands frequently used in an or- 

20 dinary audio sound, the above-mentioned masking 
effect in the medium and high frequency band of 
the audio sound is valid. Accordingly, in the noise 
filter 13 of this embodiment, the response in the 
curve MR of the filter characteristic of FIG. 3 is not 

25 lowered to such an extent that the response in the 
equi-loudness curve RC of FIG. 2 is lowered (the 
curve MR Is caused to be more gentle than the 
equi-loudness curve RC). Namely, for the purpose 
of realizing this, as described above, a filter coeffi- 

30 cient in which the masking effect is taken into 
consideration is set. The frequency characteristic of 
the quantizing noise obtained when the filter char- 
acteristic of the noise filter 13 Is set as shown in 
FIG. 3 to carry out the quantizing noise reducing 

35 processing by using an actual audio sound is 
shown in FIG. 4. 

A third embodiment utilizing the masking effect 
will now be described with reference to FIG. 6. Also 
in FIG. 6. the same reference numerals are at- 

40 tached to blocks corresponding to those of FIG. 1 . 
respectively. 

The quantizing noise reducer of this embodi- 
ment of FIG. 6 is constructed to feed a quantizing 
error generated at the quantizer 11 back to the 

45 input side of the quantizer 11 through the noise 
filter 13. More particularly, this quantizing noise 
reducer comprises a level detector 16 for detecting 
the level of an input audio signal, a frequency 
analysis circuit 1 7 for analyzing the frequency of an 

50 input audio signal every critical band, equi-loud- 
ness curve generation circuit 15 for generating 
information based on the so called equi-loudness 
curve RC as shown in FIG. 2 corresponding to the 
hearing sense characteristic of the human being, 

55 and an allowable noise spectrum calculation circuit 
18 for changing the synthetic ratio between an 
output from the frequency analysis circuit 17 and 
an output from the equi-loudness curve generation 

4 
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circuit 15 to calculate an allowable noise spectrum 
on the basis of the synthetic infornnation obtained. 
In this quantizing noise reducer, the filter char- 
acteristic of the noise filter 13 is set on the basis of 
output information from the allowable noise spec- 
trum calculation circuit 18. 

Namely, in the quantizing error reducer of this 
embodiment, by the adder 12 for subtracting an 
input to the quantizer 1 1 from an output from the 
quantizer 11 to thereby provide a quantizing error 
generated in quantization at the quantizer 11, the 
noise filter 13 for applying filtering processing to an 
output from the adder 1 2 to output it, and the adder 
10 for adding an output from the noise filter 13 to 
an input to the quantizer 11, the so called error- 
feedback circuit is constituted. Here, the filter char- 
acteristic of the noise filter 13 is determined as 
follows. In actual terms, an approach is employed 
to calculate, by the filter coefficient calculation cir- 
cuit 14, a filter coefficient based on information of 
an allowable noise spectrum which will be de- 
scribed of the allowable noise spectrum calculation 
circuit 18 to send this filter coefficient information 
to the noise filter 13. Accordingly, in the above- 
mentioned error feedback circuit, a quantizing error 
reducing processing (so called noise shaping pro- 
cessing) based on the allowable noise spectrum 
which will be described is carried out. A signal thus 
processed is then outputted from the output termi- 
nal 2. 

Meanwhile, in carrying out the quantizing error 
reducing processing (noise shaping processing) of 
an audio signal by using the above-mentioned error 
feedback circuit, by carrying out a processing in 
which so called masking of the input signal spec- 
trum is taken into account, the dynamic range in 
the hearing sense can be improved. As the noise 
shaping in which the masking is taken into consid- 
eration, there may be enumerated, e.g., a noise 
shaping corresponding to a spectrum of an input 
audio signal in which the pattern of a signal spec- 
trum is fixed to some extent, i.e., a noise shaping 
using an allowable noise spectrum obtained in con- 
sideration of so called masking which will be de- 
scribed later of an input audio signal spectrum. 
Alternatively, there is enumerated a noise shaping 
using an allowable noise spectrum adaptive with 
respect to changes in the spectrum of an input 
audio signal obtained in consideration of the mask- 
ing of the spectrum, or the like. Here, the masking 
is the phenomenon that a signal Is masked by 
another signal by the characteristic in the hearing 
sense of the human being, so sound is not heard. 
As the masking effect, there are the masking effect 
with respect to a signal on the time base and the 
masking effect with respect to a signal on the 
frequency base (or the same time masking, tempo- 
ral masking). Even if there is a noise at the portion 
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subjected to masking, that noise is difficult to be 

heard by the masking effect. For example, as the 

same time masking effect, as shown in FIG. 7, 

when the frequency response of the signal S hav- 
5 ing a certain frequency is assumed to be 0 dB, the 

masking effect is exerted on the response lower 

than that of the curve M (less than about -25 dB) 

by the above-mentioned signal S. 

Further, when an approach Is employed to 
10 band-divide an input signal at the critical band by 

making use of the hearing sense characteristic of 

the human being to carry out noise shaping, every 

band, by using an allowable noise spectrum in 

which the masking as described above is taken into 
76 consideration, noise shaping more effective in the 

hearing sense can be carried out. By carrying out 

such a noise shaping, the dynamic range in the 

hearing sense of a reproduced sound can be im- 
proved. 

20 In view of this, in the frequency analysis circuit . v 

17, an approach is employed to divide the above- 
mentioned audio signal into so called critical bands f 
by making use of the hearing sense characteristic * % 

of the human being to carry out a frequency analy- ^: 

26 sis every critical band. As the division at the above- ^ 
mentioned critical band at this time, e.g., an ap- # 
proach may be employed to transform, e.g.. by T\ 
Fast Fourier Transformation (FFT), an Input audio .^^ 
signal into the components on the frequency base 

30 thereafter to divide (band-divide) the amplitude ^ 
term Am (m = 0 to 1024) of the FFT coefficient &: 
into, e.g., groups Gn of 25 bands (n represents the 
number of respective bands, n = 0 to 24) at the % 
above-mentioned critical band having a broader 

35 bandwidth in the higher frequency band in which 
the hearing sense characteristic of the human be- 
ing is taken into consideration. Further, as the 
frequency analysis every respective critical bands, 
there may be carried out such an analysis to deter- 

40 mine a bark spectrum (spectrum of sum total) Bn 
obtained by taking a sum total (the sum total of 
peak, average or energy of the amplitude term 
Am) of respective amplitude terms Am every band, 
e.g., by the following equation (1): 

45 

Bn = 10 logio Cn{Pnf [dB] (1) 

where n is 0 to 24, and Cn is the number of 

elements in the n-th band, i.e., the amplitude term 
50 (the number of points), and Pn is a peak value in 

each band. Bark spectra Bn of respective bands 

are, e.g., as shown in FIG. 8. It is to be noted that. 

in the example of FIG. 8, for the brevity of Illustra- 
tion, the number of all the bands In the critical 
55 band Is represented, e.g., with 12 bands (Bi to 

Bi2)- In the frequency analysis circuit 17, division 

at the critical band and the frequency analysis 

every bands as described above are carried out. Its 

5 
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output information is sent to the allowable noise 
spectrunn calculation circuit 18. 

From tlie equi-loudness curve generation cir- 
cuit 15, infornnation of the equi-loudness curve RC 
is generated and outputted. Namely, by carrying 
out a noise shaping using an allowable noise spec- 
trum obtained in consideration of the equi-loudness 
curve RC, noise shaping more effective in the 
hearing sense is conducted. Thus, the dynamic 
range in the hearing sense of a reproduced sound 
can be improved. Information of the equi-loudness 
curve RC (or its approximate curve) is outputted 
from the equi-loudness curve generation circuit 15, 
and is sent to the allowable noise spectrum cal- 
culation circuit 18. 

Accordingly, in the allowable noise spectrum 
calculation circuit 18. the allowable noise spectrum 
is calculated on the basis of output information 
from the above-described equi-loudness curve gen- 
eration circuit 15 and output information from the 
frequency analysis circuit 17. At this time, from the 
bark spectrum Bn every critical band at the fre- 
quency analysis circuit 17, by carrying out convolu- 
tion (convoluting a predetermined weight function) 
in consideration of the influence between bands by 
using the following equation (2), the bark spectrum 
Sn convoluted every band is calculated. 

Sn = Hn * Bn (2) 

where Hn is the coefficient of convolution. By this 
convoldtitn, tPtf''"^um^'fbt^^ 

by the dotted lines in FIG. 8 is provided. Further, 
by using the convoluted bark spectrum Sn and On 
(n = 0 to 24) which is a S/N value required, a 
convoluted masking threshold Tn is calculated in 
accordance with the followiwng equations (3) and 
(4). 

On = N - K X n (3) 
Tn = Sn - On (4) 

For example, when N is assumed to be 38, K is 
permitted to be equal to 1. There results less 
degradation of sound quality at this time. Namely, 
as shown in FIG. 9, sound intensity values less 
than respective levels of the convoluted masking 
thresholds Tn are masked. Thereafter, by decon- 
voluting the convoluted masking threshold Tn by 
using the following equation (5), an allowable noise 
level (allowable noise spectrum) TFn is calculated. 
Actually, DC gain Dn of the convolution, e.g., by 
the coefficient Hn is subtracted. 

TFn = Tn - Dn (5) 
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In the allowable noise spectrum calculation cir- 
cuit 18, the allowable noise spectrum is calculated 
on the basis of synthetic information obtained by 
synthesizing output information from the frequency 

5 analysis circuit 17 obtained as described above 
and output information from the previously de- 
scribed equi-loudness curve generation circuit 15. 

Here, there are instances where the allowable 
noise level at the allowable noise spectrum based 

10 on the equi-loudness curve RC may be less than 
the allowable noise level where the masking effect 
is exerted by the level of an input audio signal. 
Namely, for example, in the case where the level of 
an input audio signal is high, the level of the 

15 allowable noise spectrum based on the equi-loud- 
ness curve may be also masked at the same time 
by the allowable noise level where the masking 
effect by the input audio signal is exerted. 

In view of the above, in this embodiment, an 

20 approach is employed to detect the level of the 
input audio signal at the level detector 16 to vary, 
on the basis of the level detected output, the syn- 
thetic ratio between output information from the 
equi-loudness curve generation circuit 15 and out- 

25 put information from the frequency analysis circuit 
17. Here, synthesis of output information of the 
equi-loudness curve generation circuit 15 and the 
frequency analysis circuit 17 is carried out, e.g., 
every frequency band. In this case, the level detec- 

30 tion at the level detector 16 is carried out every 
band- Accordingly, the synthetic ratio can be 
itfhangfed^ery-^^^ 

outputs every band. Namely, with respect to syn- 
thetic information for determining an allowable 

35 noise spectrum in the allowable noise spectrum 
calculation circuit 18, for example, in the case 
where the level in a low frequency band of an input 
audio signal is high and the masking effect in the 
low frequency band is great, synthetic information 

40 is prepared at a synthetic ratio such that an allowa- 
ble noise spectrum having a high level in the low 
frequency band and a low level in the high fre- 
quency band is provided. In contrast, for example, 
in the case where the level in a high frequency 

45 band is high and the masking effect in the high 
frequency band is great, synthetic information is 
prepared at a synthetic ratio such that an allowable 
noise spectrum having a high level in the high 
frequency band and a low level in the low fre- 

50 quency band is provided. Information of the allowa- 
ble noise spectrum thus provided is sent to the 
fitter coefficient calculation circuit 14, Thus, a filter 
coefficient corresponding to the allowable noise 
spectrum is outputted from the filter coefficient 

55 calculation circuit 14, and is then sent to the noise 
filter 13. 

Since the approach described above is em- 
ployed, the filter characteristic of the noise filter 13 

6 
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is caused to be in correspondence with the filter 
coefficient based on an allowable noise spectrum 
obtained by varying a synthetic ratio every band in 
dependency upon the level of an input audio sig- 
nal. Hert;. (or example, in the case where the level 
of the input audio signal is flat, the filter char- 
acteristic of the noise filter 13 is assunned to be 
indicated by the curve MR of FIGS. 10 to 13. At 
this tinne. in the case where the input audio signal 
is a signal having a slightly high level in the low 
frequency band as shown in FIG. 10, because the 
synthetic ratio can be varied as described above, 
the filter characteristic can be changed to the char- 
acteristic as indicated by the curve MRi in FIG. 10 
in which the level of the curve MR in the low 
frequency band is slightly raised and the level 
thereof in the high frequency band is slightly lower- 
ed. Further, for e<ample, in the case where the 
input audio signal is a signal S2 having a large 
level in the low frequency band as shown in FIG. 
11, the filter charartmstir of the noise filter 13 Is 
changed to the rharartonstic as indicated by the 
curve MR2 in FIG 1 1 tn which the level of the 
curve lAR in the low troquoncy band is raised to 
much degree and the lovol thereof in the high 
frequency band is JoworcJ to mach degree. In 
contrast, in the case where the input audio signal is 
a signal S3 having a sitghtly large level in the high 
frequency band as indicated by FIG. 12, the filter 
characteristic is chanqo'd to the characteristic as 
indicated by the curve MR. m FIG. 12 in which the 
level of the curve MR m the lew frequency band is 
slightly lowered and the level thereof in the high 
frequency band is slightly raised. Further, for ex- 
ample, in the case where the input audio signal is a 
signal S^ having a high icvel in the high frequency 
band as shown in FIG 13. the filter characteristic is 
changed to the characteristic as indicated by the 
curve MR4 in FIG. 13 in which the level of the 
curve MR in the low frequency band is lowered to 
much degree and the level thereof in the high 
frequency band is raised to much degree. As the 
result of the fact that the filter characteristic is 
changed as shown in FIGS tO to 13. noise shaping 
more properly adapted to the hearing sense char- 
acteristic of the human t>Oing can be carried out. 

Namely, in the quanti*:ing noise reducer of this 
embodiment, when the level of an input audio 
signal is small, the filter characteristic of the noise 
filter 13 is caused to tx) the characteristic as in- 
dicated by the equi-loudncss curve RC to carry out 
noise shaping. Further, m order to allow the quan- 
tizing level not to be conspicuous by the level of 
the input audio signal according as the signal level 
becomes large, the characlerisiic of the noise filter 
13 is caused to be flat in correspondence with the 
signal level of the input audio signal. In addition, 
when the signal level is small, the characteristic as 



indicated by the equi-loudness curve RC is caused 
to become closer to a flat characteristic in cor- 
respondence with the signal level by the noise filter 
13 to change it to a noise shaping characteristic 

5 (masking characteristic, etc.) caused to be in cor- 
respondence with the signal characteristic. Namely, 
when the signal level is small, the characteristic of 
the noise filter 13 is caused to be a filter char- 
acteristic as indicated by the equi-loudness curve 

10 BC, while when the signal level is large, the char- 
acteristic of the noise filter 13 is caused to be the 
filter characteristic in which the masking effect is 
taken into consideration. 

In the curve MR showing the filter characteris- 

75 tic when the level of the input audio signal of FIGS. 
10 to 13 is flat, if the previously described equi- 
loudness curve RC of FIG. 4 is taken into consider- 
ation, a scheme is conceivable to raise the level 
less than 4 KHz (i.e., an approach may be em- 

20 ployed to increase allowable noise). However, since 
the equi-loudness curve RC steeply changes in the 
frequency band less than 4 KHz although the band- 
width is not broad, if a noise filter 13 in conformity 
with the equi-loudness curve RC in the frequency 

26 band less than 4 KHz is prepared, the degree of 
the filter Is increased. When the degree of the filter 
is increased, the configuration becomes compli- 
cated and becomes large in scale. However, since 
the effect corresponding to the scale of the filter 

30 cannot be provided, also in this embodiment, the 
filter characteristic in the frequency band less than 
less than 4 KHz is caused to be flat as described 
above in the same manner as in the second em- 
bodiment of FIG. 5. Further, in the noise filter 13 of 

35 this embodiment, since the masking effect in the 
medium and high frequency bands frequently used 
of an audio sound is ordidnarily valid, an approach 
is employed not to lower the level of the curve MR 
of FIGS. 10 to 13 to an extent of the equi-loudness 

40 curve RC of FIG. 4 (The curve MR is caused to be 
more gentle than the equi-loudness curve RC). 
Namely, to realize this, as described above, the 
filter coefficient In which the masking effect is 
taken into consideration is set. 

45 The actual example of the system configuration 

where the quantizing error reducer of this embodi- 
ment is used as the encoder/decoder system in, 
e.g., so called compact disk (CD) is shown In FIG. 
14. In FIG. 14. an analog audio signal is delivered 

50 to the input terminal 31. After this analog audio 
signal is converted to a 20 bit digital signal at an 
A/D converter 32, it is sent to a 20 bit correspon- 
dence encoder 33 including therein the quantizing 
en^or reducer of this embodiment. At the encoder 

55 33, that digital data undergoes the quantizing error 
reducing processing and is encoded into data of 16 
bits. The data thus processed is recorded onto the 
CD. The data recorded on the CD is converted to 
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an audio signal at a reproducing circuit 34 and a 
D/A converter 35 of the existing CD player, and is 
outputted from tlie output terminal 36. The data 
thus outputted is then reproduced. Namely, since 
the data recorded on the CD is such that the 
quantizing error is reduced by the quantizing error 
reducer of this embodiment, sound obtained by 
playing back the CD has a high dynamic range in 
the hearing sense. 

Further, the actual example of the system con- 
figuration using e.g., an medium for recording data 
by using 10 bits different from the above-men- 
tioned CD is shown in FIG. 15. In this case, an 
analog signal inputted and delivered to the input 
terminal 41 is converted to, e.g., 16 bit digital data 
at an A/D converter 42. The signal thus obtained is 
sent to a 10 bit correspondence encoder 43 includ- 
ing therein the quantizing error reducer of this 
embodiment. At the encoder 43, the digital data 
undergoes the quantizing error reducing processing 
and is encoded into 10 bit data. The data thus 
processed is recorded onto the medium. The data 
recorded on the medium is converted to an analog 
signal at a reproducing circuit 44 and a D/A con- 
verter 45 of the existing player, and is outputted 
from the output terminal 46. Also in this case, a 
reproduced signal obtained has a high dynamic 
range. 

The actual example where the quantizing error 
reducer of this embodiment is used in the D/A 
conversion system for carrying out oversampling is 
* sh0wn^^iw-!pl©««*1i6^lnH thi s^ easef an««*anal0gi»signal 
inputted and delivered to the input terminal 51 is 
converted to, e.g., digital data of 20 bits at an A/D 
converter 52 for carrying out oversampling, and is 
sent to a quantizing error reducer 53 of this em- 
bodiment through a transmission path. At this 
quantizing error reducer 53, that digital data under- 
goes the quantizing error reducing processing. The 
digital data thus processed is converted to an ana- 
log signal through a D/A converter 54, and is out- 
putted from the output terminal 55. Thus, oversam- 
pling is permitted to be carried out and the resolu- 
tion of the D/A converter is permitted to be lower- 
ed. Thus, the D/A converter 54 having a high 
linearlity can be easily prepared. 

Claims 

1. A quantizing noise reducer for an audio signal 
comprising: 

quantizing means (11) for quantizing an 
input audio signal, 

subtracter means (12) for subtracting an 
input signal to said quantizing means from an 
output signal from said quantizing means, 

filter means (13) supplied with an output 
from said subtracter means, 



synthesizing means (10) for synthesizing 
an output from said filter means and said input 
audio signal, and 

filter control means (14,15) for controlling 
5 the characteristic of said filter means, and in- 

cluding filter coefficient calculating means and 
data generating means for generating data re- 
lating to an equi-loudness characteristic, said 
data being supplied to said filter coefficient 
10 calculating means. 

2. A quantizing noise reducer according to claim 
1, wherein said filter control means further 
includes means for generating control data for 

15 correcting a lower frequency band portion of 

said filter characteristic. 

3. A quantizing noise reducer according to claim 
1, wherein said filter control means further 

20 Includes means for controlling said filter char- 

acteristic in accordance with the masking ef- 
fect of said input audio signal. 

4. A quantizing noise reducer according to claim 
25 3, wierein said filter control means conducts a 

control to present a filter characteristic to re- 
alize a noise shaping such that an allowable 
noise spectrum obtained in consideration of 
the temporal masking effect is provided in ac- 
30 cordance with the spectrum of said input audio 

signal. 

5. A quantizing noise reducer according to claim 
3, wherein said filter control means conducts a 

35 control to present a filter characteristic to re- 

alize a noise shaping such that an allowable 
noise spectrum obtained in consideration of 
the masking effect on the time base is pro- 
vided in accordance with the spectrum of said 

40 input audio signal. 

6. A quantizing noise reducer according to claim 
3, wherein said filter control means conducts a 
control to present a filter characteristic to re- 

45 alize a noise shaping such that an allowable 

noise spectrum in which the equi-loudness 
curve is taken into consideration when the sig- 
nal level of said input audio signal is small and 
the making effect is taken into consideration 

50 according as the signal level thereof becomes 

large is provided in accordance with said sig- 
nal level of said input audio signal. 
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